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(57) ABSTRACT

An encoder and a method for encoding a digital signal are
provided. The method includes encoding a preceding frame
of samples of the digital signal according to a predictive
encoding process, and encoding a current frame of samples of
the digital signal according to a transform encoding process.
The method is implemented such that a first portion of the
current frame is also encoded by predictive encoding that is
limited relative to the predictive encoding of the preceding
frame by reusing at least one parameter of the predictive
encoding of the preceding frame and only encoding the
parameters of said first portion of the current frame that are
not reused. A decoder and a decoding method are also pro-
vided, which correspond to the described encoding method.
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1
LOW-DELAY SOUND-ENCODING
ALTERNATING BETWEEN PREDICTIVE
ENCODING AND TRANSFORM ENCODING

CROSS-REFERENCE TO RELATED
APPLICATIONS

This application is a Section 371 National Stage Applica-
tion of International Application No. PCT/FR2011/053097,
filed Dec. 20, 2011, which is incorporated by reference in its
entirety and published as WO 2012/085451 on Jun. 28, 2012,
not in English.

STATEMENT REGARDING FEDERALLY
SPONSORED RESEARCH OR DEVELOPMENT

None.

THE NAMES OF PARTIES TO A JOINT
RESEARCH AGREEMENT

None.
FIELD OF THE DISCLOSURE

The present invention relates to the field of coding of digital
signals.

Advantageously, the invention applies to the coding of
sounds having alternating speech and music.

BACKGROUND OF THE DISCLOSURE

In order to effectively code speech sounds, CELP (Code
Excited Linear Prediction) type techniques are recom-
mended. In order to effectively code musical sounds, trans-
form coding techniques are recommended in preference.

Encoders of the CELP type are predictive encoders. Their
purpose is to model the production of speech based on various
elements: a short-term linear prediction for modeling the
vocal tract, a long-term prediction for modeling the vibration
of the vocal chords in the voiced period, and an excitation
derived from a fixed dictionary (white noise, algebraic exci-
tation) in order to represent the “innovation” that has not been
able to be modeled.

The transform encoders that are most widely used (the
MPEG AAC or ITU-T G.722.1 Annex C encoder for
example) use critical sampling transforms in order to com-
pact the signal in the transform domain. “Critical sampling
transform” is a transform for which the number of coefficients
in the transform domain is equal to the number of temporal
samples analyzed.

One solution for effectively coding a signal containing
these two types of content consists in selecting the best tech-
nique over time. This solution has been notably recom-
mended by the 3GPP (3rd Generation Partnership Project)
standardization organization, and a technique called AMR
WB+ has been proposed.

This technique is based on a CELP technology of the
AMR-WB type, more specifically of the ACELP (for “Alge-
braic Code Excited Linear Prediction”) type, and transform
coding based on an overlap Fourier transform in a model of
the TCX (for “Transform Coded eXcitation™) type.

The ACELP coding and the TCX coding are both tech-
niques of predictive linear type. It should be noted that the
AMR-WB+ codec has been developed for the 3GPP PSS (for
“Packet Switched Streaming”), MBMS (for “Multimedia
Broadcast/Multicast Service”) and MMS (for “Multimedia
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Messaging Service”) services, in other words for broadcast-
ing and storage services with no strong constraints on the
algorithmic delay.

This solution suffers from insufficient quality on the music.
This insufficiency comes particularly from the transform cod-
ing. In particular, the overlap Fourier transform is not a criti-
cal sampling transformation, and therefore it is suboptimal.

Moreover, the windows used in this encoder are not opti-
mal with respect to the concentration of energy: the frequency
shapes ofthese virtually rectangular windows are suboptimal.

An improvement of the AMR-WB+ coding combined with
the principles of MPEG AAC (for “Advanced Audio Cod-
ing”) coding is given by the MPEG USAC (for “Unified
Speech Audio Coding”) codec which is still being developed
at the ISO/MPEG. The applications targeted by MPEG
USAC are not conversational, but correspond to broadcasting
and storage services with no strong constraints on the algo-
rithmic delay.

The initial version of the USAC codec, called RMO (Ref-
erence Model 0), is described in the article by M. Neuendorf
et al., A Novel Scheme for Low Bitrate Unified Speech and
Audio Coding—MPEG RMO, 7-10 May 2009, 126th AES
Convention. This RMO codec alternates between several cod-
ing modes:

For the signals of the speech type: LPD (for “Linear Pre-
dictive Domain”) modes comprising two different
modes derived from AMR-WB+ coding:

An ACELP mode

A TCX mode called wLPT (for “weighted Linear Pre-
dictive Transform™) using a transform of the MDCT
type (unlike the AMR-WB+ codec).

For the signals of the music type: FD (for “Frequency
Domain”) mode using MDCT (for “Modified Discrete
Cosine Transform”) transform coding of the MPEG
AAC (for “Advanced Audio Coding”) type on 1024
samples.

Compared with the AMR-WB+ codec, the various majors
provided by the USAC RMO coding for the mono part are the
use of a critical decimation transform of the MDCT type for
the transform coding and the quantization of the MDCT spec-
trum by scalar quantization with arithmetic coding. It should
be noted that the acoustic band coded by the various modes
(LPD, FD) depends on the selected mode, which is not the
case in the AMR-WB+ codec where the ACELP and TCX
modes operate at the same internal sampling frequency.
Moreover, the decision concerning mode in the USAC RMO
codec is carried out in an open loop for each frame of 1024
samples. Note that a closed-loop decision is made by execut-
ing the various coding modes in parallel and by choosing a
posteriori the mode that gives the best result according to a
predefined criterion. In the case of an open-loop decision, the
decision is taken a priori as a function of the data and of the
observations available but without testing whether this deci-
sion is optimal or not.

In the USAC codec, the transitions between LPD and FD
modes are crucial for ensuring sufficient quality without fail-
ure of switching, knowing that each mode (ACELP, TCX,
FD) has a specific “signature” (in terms of artifacts) and that
the FD and LPD modes are of different kinds—the FD mode
is based on transform coding in the domain of the signal,
while the LPD modes use predictive linear coding in the field
that is perceptually weighted with filter memories to be man-
aged correctly. The management of intermode switchings in
the USAC RMO codec is explained in detail in the article by
J. Lecomte et al., “Efficient cross-fade windows for transi-
tions between LPC-based and non-L.PC based audio coding”,
7-10 May 2009, 126th AES Convention. As explained in this
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article, the main difficulty lies in the transitions between LPD
to FD modes and vice-versa. All that is retained here is the
case of the transitions from ACELP to FD.

In order to fully understand the operation, here is a recap on
the principle of MDCT transform coding through a typical
exemplary embodiment.

At the encoder, the MDCT transformation is divided
between three steps:

Weighting of the signal by a window called in this instance

the “MDCT window” with a length of 2M

Time-domain aliasing in order to form a block of length M

DCT (for “Discrete Cosine Transform™) transformation of

length M.

The MDCT window is divided into 4 adjacent portions of
equal length M/2, called “quarts”.

The signal is multiplied by the analysis window and then
the aliasings are carried out: the first quart (windowed) is
aliased (that is to say inverted in time and made to overlap) on
the second quart and the fourth quart is aliased on the third.

More precisely, the aliasing of one quart on another is
carried out in the following manner: the first sample of the
first quart is added to (or subtracted from) the last sample of
the second quart, the second sample of the first quart is added
to (or subtracted from) the penultimate sample of the second
quart, and so on to the last sample of the first quart which is
added to (or subtracted from) the first sample of the second
quart.

This therefore gives, on the basis of 4 quarts, 2 aliased
quarts in which each sample is the result of a linear combi-
nation of 2 samples of the signal to be coded. This linear
combination is called time-domain aliasing.

These 2 aliased quarts are then coded jointly after DCT
transformation. For the following frame, there is a half-offset
of'a window (50% of overlap), the third and fourth quarts of
the preceding frame then become the first and second quarts
of'the current frame. After aliasing, a second linear combina-
tion of the same pairs of samples is sent as in the preceding
frame, but with different weights.

At the decoder, after inverse DCT transformation, the
decoded version of these aliased signals is then obtained. Two
consecutive frames contain the result of 2 different aliasings
of'the same quarts, that is to say for each pair of samples there
is the result of 2 linear combinations with different but known
weights: an equation system is therefore resolved in order to
obtain the decoded version of the input signal; the time-
domain aliasing can therefore be removed by using 2 con-
secutive decoded frames.

The resolution of the equation systems mentioned is usu-
ally carried out by anti-aliasing, multiplication by a carefully
chosen synthesis window and then addition-overlapping of
the common parts. This addition-overlapping at the same
time provides the soft transition (without discontinuity due to
the quantization errors) between 2 consecutive decoded
frames; specifically this operation behaves like a cross-fade.
When the window for the first quart or the fourth quart is at
zero for each sample, it is called an MDCT transformation
without time-domain aliasing in this part of the window. In
this case, the soft transition is not ensured by the MDCT
transformation; it must be carried out by other means such as
for example an external cross-fade.

It should be noted that variant embodiments of the MDCT
transformation exist, in particular on the definition of the
DCT transform, on how to time-domain aliase the block to be
transformed (for example, it is possible to invert the signs
applied to the aliased quarts to the left and the right, or to
aliase the second and third quarts on respectively the first and
fourth quarts), etc. These variants do not change the principle
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of the MDCT synthesis-analysis with the reduction of the
block of samples by windowing, time-domain aliasing and
then transformation and finally windowing, aliasing and addi-
tion-overlapping.

In the case of the USAC RMO encoder described in the
articleby Lecomte et al., the transition between a frame coded
by ACELP coding and a frame coded by FD coding takes
place in the following manner:

A transition window for the FD mode is used with an
overlap to the left of 128 samples, as illustrated in FIG. 1. The
time-domain aliasing on this overlap zone is canceled out by
introducing an “artificial” time-domain aliasing on the right
of'the reconstructed ACELP frame. The MDCT window used
for the transition has a size of 2304 samples and the DCT
transformation operates on 1152 samples while normally the
frames of the FD mode are coded with a window with a size
012048 samples and a DCT transformation of 1024 samples.
Thus the MDCT transformation of the normal FD mode can-
not be directly used for the transition window; the encoder
must also incorporate a modified version of this transforma-
tion which complicates the implementation of the transition
for the FD mode.

These coding techniques of the prior art, AMR-WB+ or
USAC, have algorithmic delays of the order of 100 to 200 ms.
These delays are incompatible with conversational applica-
tions for which the coding delay is usually of the order of
20-25 ms for the speech encoders for mobile applications
(e.g.: GSM EFR, 3GPP AMR and AMR-WB) and of the order
of 40 ms for the conversational transform encoders for vid-
eoconference (e.g.: [TU-T G.722.1 Annex C and G.719).

There is therefore a need for coding that alternates the
techniques of predictive and transform coding for applica-
tions of coding sounds having alternating speech and music
with a good coding quality at the same time of the speech and
of'the music and an algorithmic delay that is compatible with
conversational applications, typically of the order of 20 to 40
ms for frames of 20 ms.

SUMMARY

An embodiment of the present invention proposes a
method for coding a digital sound signal, comprising the steps
of:

coding of a preceding frame of samples of the digital signal

according to predictive coding;

coding of a current frame of samples of the digital signal

according to transform coding.

The method is such that a first part of the current frame is
coded by predictive coding that is restricted relative to the
predictive coding of the preceding frame by reusing at least
one parameter of the predictive coding of the preceding frame
and by coding only the unreused parameters of this first part
of the current frame.

Therefore, for coding that alternates codings of the predic-
tive type and transform codings, during the passage of a frame
coded according to predictive coding and a frame coded
according to transform coding, a transition frame is thus
provided. The fact that the first part of the current frame is also
coded by predictive coding makes it possible to recover alias-
ing terms that it would not be possible to recover only by
transform coding since the memory of transform coding for
this transition frame is not available, the preceding frame not
having been transform-coded.

In addition, the fact of using restricted predictive coding
makes it possible to limit the impact on the coding bit rate of
this part. Specifically, only the parameters that are not reused



US 9,218,817 B2

5

of the preceding frame are coded for the part of the current
frame coded by restricted predictive coding.

Moreover, the coding of this frame part does not induce any
additional delay since this first part is situated at the beginning
of the transition frame.

Finally, this type of coding makes it possible to remain with
a weighting window size of identical length for transform
coding whether for the coding of the transition frame or for
the coding of the other, transform-coded frames. The com-
plexity of the coding method is thereby reduced.

The various particular embodiments mentioned below can
be added independently or in combination with one another to
the steps of the method defined above.

In one particular embodiment, the restricted predictive
coding uses a prediction filter copied from the preceding
frame of predictive coding.

The use of transform coding is usually selected when the
coded segments are virtually stationary. Thus, the spectral-
envelope parameter of the signal can be reused from one
frame to another for a duration of a part of the frame, for
example a subframe, without it having a considerable impact
on the coding quality. The use of the prediction filter used for
the preceding frame does not therefore impact the coding
quality and makes it possible to dispense with additional bits
for the transmission of its parameters.

In a variant embodiment, the restricted predictive coding
also uses a decoded value of the pitch and/or of its associated
gain of the preceding frame of predictive coding.

These parameters do not change much from one frame to
another. The use of these same parameters from one frame to
another will have little impact on the coding quality and will
all the more simplify the predictive coding of the subframe.

In another variant embodiment, certain parameters of pre-
dictive coding used for the restricted predictive coding are
quantized in differential mode relative to decoded parameters
of the preceding frame of predictive coding.

Thus, this makes it possible to further simplify the predic-
tive coding of the transition subframe.

According to one particular embodiment, the method com-
prises a step of obtaining the reconstructed signals originating
from the predictive and transform local codings and decod-
ings of'the first subframe ofthe current frame and of combin-
ing by a cross-fade of these reconstructed signals.

Thus, the coding transition in the current frame is soft and
does not induce awkward artifacts.

According to one particular embodiment, said cross-fade
of the reconstructed signals is carried out on a portion of the
first part of the current frame as a function of the shape of the
weighting window of the transform coding.

This results in a better adaptation of the transform coding.

According to one particular embodiment, said cross-fade
of the reconstructed signals is carried out on a portion of the
first part of the current frame, said portion containing no
time-domain aliasing.

This makes it possible to carry out a perfect reconstruction
of'the signals in the absence of quantization error, in the case
in which the reconstructed signal originating from the trans-
form coding of the first part of the current frame does not
comprise any time-domain aliasing.

In one particular embodiment, for coding with low delay,
the transform coding uses a weighting window comprising a
chosen number of successive weighting coefficients of zero
value at the end and beginning of the window.

In another particular embodiment, in order to improve the
low-delay coding, the transform coding uses an asymmetric
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weighting window comprising a chosen number of succes-
sive weighting coefficients of zero value at at least one end of
the window.

The present invention also relates to a method for decoding
a digital sound signal, comprising the steps of:

predictive decoding of a preceding frame of samples of the
digital signal received and coded according to predictive
coding;

inverse transform decoding of a current frame of samples
of the digital signal received and coded according to
transform coding;

the method is such that it also comprises a step of decoding
by restricted predictive decoding relative to the predic-
tive decoding of the preceding frame of a first part of the
current frame.

The decoding method is the counterpart of the coding
method and provides the same advantages as those described
for the coding method.

Thus, in one particular embodiment, the decoding method
comprises a step of combining by a cross-fade of the signals
decoded by inverse transform and by restricted predictive
decoding for at least one portion of the first part of the current
frame received and coded according to restricted predictive
coding, by reusing at least one parameter of the predictive
decoding of the preceding frame and by decoding only the
parameters received for this first part of the current frame.

According to a preferred embodiment, the restricted pre-
dictive decoding uses a prediction filter decoded and used by
the predictive decoding of the preceding frame.

In a variant embodiment, the restricted predictive decoding
also uses a decoded value of the pitch and/or of its associated
gain of the predictive decoding of the preceding frame.

The present invention also relates to a digital sound signal
encoder, comprising:

apredictive coding module for coding a preceding frame of
samples of the digital signal;

a transform coding module for coding a current frame of
samples of the digital signal. The encoder also com-
prises a predictive coding module that is restricted rela-
tive to the predictive coding of the preceding frame in
order to code a first part of the current frame, by reusing
at least one parameter of the predictive coding of the
preceding frame and by coding only the unreused
parameters of this first part of the current frame.

Similarly, the invention relates to a digital sound signal
decoder, comprising:

a predictive decoding module for decoding a preceding
frame of samples of the digital signal received and coded
according to predictive coding;

an inverse transform decoding module for decoding a cur-
rent frame of samples of the digital signal received and
coded according to transform coding. The decoder is
such that it also comprises a predictive decoding module
that is restricted relative to the predictive decoding of the
preceding frame in order to decode a first part of the
current frame received and coded according to restricted
predictive coding, by reusing at least one parameter of
the predictive decoding of the preceding frame and by
decoding only the parameters received for this first part
of the current frame.

Finally, the invention relates to a computer program com-
prising code instructions for the implementation of the steps
of'the coding method as described above and/or of the decod-
ing method as described above, when these instructions are
executed by a processor.

The invention also relates to a storage means, that can be
read by a processor, which may or may not be incorporated
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into the encoder or the decoder, optionally being removable,
storing a computer program implementing a coding method
and/or a decoding method as described above.

BRIEF DESCRIPTION OF THE DRAWINGS

Other features and advantages of the invention will become
evident on examination of the following detailed description
and of the appended figures amongst which:

FIG. 1 illustrates an example of a transition window of the
prior art for the transition between CELP coding and FD
coding of the MPEG USAC codec, described above;

FIG. 2 illustrates, in the form of a block diagram, an
encoder and a coding method according to one embodiment
of the invention;

FIG. 3a illustrates an example of a weighting window used
for the transform coding of the invention;

FIG. 3b illustrates the overlap transform coding mode used
by the invention;

FIG. 4a illustrates the transition between a frame coded
with predictive coding and a transform-coded frame accord-
ing to one embodiment of the method of the invention;

FIGS. 4b, 4¢ and 4d illustrate the transition between a
frame coded with predictive coding and a transform-coded
frame according to two variant embodiments of the method of
the invention;

FIG. 4e illustrates the transition between a frame coded
with predictive coding and a transform-coded frame accord-
ing to one of the variant embodiments of the method of the
invention for the case in which the MDCT transformation
uses asymmetric windows;

FIG. 5 illustrates a decoder and a decoding method accord-
ing to one embodiment of the invention;

FIGS. 6a and 65 illustrate in the form of a flowchart the
main steps of the coding method, respectively ofthe decoding
method, according to the invention; and

FIG. 7 illustrates one possible hardware embodiment of an
encoder and a decoder according to the invention.

DETAILED DESCRIPTION OF ILLUSTRATIVE
EMBODIMENTS

FIG. 2 represents a multimode CELP/MDCT encoder in
which the coding method according to the invention is
applied.

This figure represents the coding steps carried out for each
signal frame. The input signal, marked x(n"), is sampled at 16
kHz and the frame length is 20 ms. The invention applies
generally to the cases in which other sampling frequencies are
used, for example for super-wideband signals sampled at 32
kHz, with optionally a division into two sub-bands in order to
apply the invention in the low band. The frame length is in this
instance chosen to correspond to that of the mobile encoders
such as 3GPP AMR and AMR-WB, but other lengths are also
possible (for example: 10 ms).

By convention, the samples of the current frame corre-
spond to x(n'), n'=0, . . ., 319. This input signal is first of all
filtered by a high-pass filter (block 200), in order to attenuate
the frequencies below 50 Hz and eliminate the continuous
component, then sub-sampled at the internal frequency of
12.8 kHz (block 201) in order to obtain a frame of the signal
s(n) of 256 samples. It is considered that the decimation filter
(block 201) is produced at low delay by means of a finite
impulse response filter (typically of the order of 60).

In the CELP coding mode, the current frame s(n) of 256
samples is coded according to the preferred embodiment of
the invention by a CELP encoder inspired by the multirate

15

20

30

40

45

55

8

ACELP coding (from 6.6 to 23.05 kbit/s) at 12.8 kHz
described in the 3GPP standard TS 26.190 or as an equivalent
ITU-T G.722.2—+this algorithm is called AMR-WB (for
“Adaptive MultiRate—WideBand”).

The signal s(n) is first preaccentuated (block 210) by
1-az! where 0=0.68, then coded (block 211) by the ACELP
algorithm (as described in section 5 of 3GPP standard TS
26.190).

The successive frames of 20 ms contain 256 time samples
at 12.8 kHz. The CELP coding uses a memory (or buffer) buf
(n), n=-64, . . ., 319, of 30 ms of signal: 5 ms of lookback
signal, 20 ms of current frame and 5 ms of lookahead signal.

The signal obtained after preaccentuation of s(n) is copied
into this buffer in positions n=64, . . ., 319 so that the current
frame corresponding to the positions n=0, . . . , 255 includes
5 ms of lookback signal (n=0, . . ., 63) and 15 ms of “new”
signal to be coded (n=64, . . ., 255)—it is in the definition of
the bufter that the CELP coding applied here differs from the
ACELP coding of the AMR-WB standard because the “loo-
kahead” is in this instance exactly 5 ms without compensation
for the sub-sampling filter delay (block 201).

Based on this buffer, the CELP coding (block 211) com-
prises several steps applied in a manner similar to the ACELP
coding of the AMR-WB standard; the main steps are given
here as an exemplary embodiment:

a) LPC analysis: An asymmetric window of 30 ms weights
the buffer buf (n), and then an autocorrelation is calculated.
The linear prediction coefficients (for an order 16) are then
calculated via the Levinson-Durbin algorithm. This gives the
LPC linear prediction filter A(z).

A conversion of the LPC coefficients into ISP (“Immit-
tance spectral pairs”) spectral coefficients is carried outand a
quantization (which gives the quantized filter A(z)).

Finally, an LPC filter for each subframe is calculated by
interpolation per subframe between the filter of the current
frame and the filter of the preceding frame. In this interpola-
tion step, it is assumed here that the lookback frame has been
coded by the CELP mode; in the contrary case, it is assumed
that the states of the CELP encoder have been updated.

b) Perceptual weighting of the signal: the preaccentuated
signal is then weighted by the filter defined by W (z)=A(z/y)/
(1-az™*) where 0.=0.68 and y=0.92.

¢) Calculation of the pitch in open loop by searching for the
maximum of the autocorrelation function of the weighted
signal (optionally sub-sampled to reduce the complexity).

d) Search for the “adaptive excitation” in closed loop by
analysis by synthesis amongst the values in the vicinity of the
pitch obtained in open loop for each of the subframes of the
current frame. A low-pass filtering of the adaptive excitation
may or may not also be carried out. A bit is therefore produced
to indicate whether or not the filter is to be applied. This
search gives the component marked v(n). The pitch and the bit
associated with the pitch filter are coded in the bit stream.

e) Search for the fixed excitation or innovation marked
c(n), in closed loop also by analysis by synthesis. This exci-
tation consists of zeros and signed impulses; the positions and
signs of these impulses are coded in the bit stream.

) The gains of the adaptive excitation and of the algebraic
excitation, §,, & respectively, are coded jointly in the bit
stream.

In this exemplary embodiment, the CELP encoder divides
each frame of 20 ms into 4 subframes of 5 ms and the quan-
tized LPC filter corresponds to the last (fourth) subframe.

The reconstructed signal §.z; (1) is obtained by the local
decoder included in the block 211, by reconstruction of the
excitation u(n)=g,v(n)+g.c(n), optionally postprocessing of
u(n), and filtering by the quantized synthesis filter 1/A(z) (as
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described in section 5.10 of 3GPP standard TS 26.190). This
signal is finally deaccentuated (block 212) by the transfer
function filter 1/(1-cz™") to obtain the CELP decoded signal
Scazp(n)-

Naturally, other variants of the CELP coding than the
embodiment described above can be used without affecting
the nature of the invention.

In one variant, the block 211 corresponds to the CELP
coding at 8 kbit/s described in ITU-T standard G.718 accord-
ing to one of the four possible CELP coding modes: nonvoic-
ing mode (UC), voicing mode (VC), transition mode (TC) or
generic mode (GC). In another variant, another embodiment
of CELP coding is chosen, for example ACELP coding in a
mode that can be interworked with the AMR-WB coding of
the ITU-T standard G.718. The representation of the LPC
coefficients in the form of ISF can be replaced by the pairs of
spectral lines (LSF) or other equivalent representations.

In the event of selection of the CELP mode, the block 211
delivers the CELP indices coded Iz » to be multiplexed in
the bit stream.

In the MDCT coding mode of FIG. 2, the current frame,
s(n), n=0, . . ., 255 is first transformed (block 220) according
to a preferred embodiment in order to obtain the following
transform coefficients:

s | 2 Rt " oM oLyl
k) W nZMZ w(n).s(n — Z).cos(ﬁ(n+7+§]( +§]],
k=0,... . M-1

where M=256 is the frame length and Mz=96 is the number
of zeros to the left and right in the window w(n). The
window w(n) is chosen in the preferred embodiment as
a symmetrical “low delay” window in the form:

M L,
0 Osm<7—7
M Ly
e | S O
2L, 2772 )
M L, M L,
Wshife(m) = 1 5+ =m<3g -
M Ly,
“[(m‘37+37)+‘] M Ly M L,
sin| 7 T 37—75m<37+7
M L,
0 37+7Sm<2M
This low-delay window w, ,(m), m=0, . . ., 511, for

M=256 and L ,,=64, applies to the current frame correspond-
ing to the indices n=0, . . ., 255 by taking w(n)=w;,»(n+96),
which assumes an overlap of 64 samples (5 ms).

This window is illustrated in FIG. 3a. Note that the window
has 2(M-Mz)=320 nonzero samples, or 25 ms at 12.8 kHz.
FIG. 35 illustrates how the window w(n) is applied to each
time frame of 20 ms by taking w(n) W, ,(n+96).

This window applies to the current frame of 20 ms and to a
lookahead signal of 5 ms. Note that the MDCT coding is
therefore synchronized with the CELP coding the extent that
the MDCT decoder can reconstruct by addition-overlap the
whole of the current frame, by virtue of the overlap to the left
and on the intermediate “flat” of the MDCT window, and it
also has an overlap on the lookahead frame of 5 ms. Note here,
for this window, that the current MDCT frame induces a
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time-domain aliasing on the first part of the frame (in fact on
the first 5 ms) where the overlap takes place.

It is important to note that the frames reconstructed by the
CELP and MDCT encoders/decoders have coincident tem-
poral supports. This time-domain synchronization of the
reconstructions makes the switching of coding models easier.

In variants of the invention, other MDCT windows than
w(n) are also possible. The implementation of the block 220
is not given in detail here. An example is given in ITU-T
standard G.718 (clauses 6.11.2 and 7.10.6).

The coefficients S(k), k=0, . . ., 255 are coded by the block
221 which is inspired, in a preferred embodiment, by the
“TDAC” (for “Time Domain Aliasing Cancellation”) coding
of the ITU-T standard G.729.1. B,, here marks the total bit
budget allocated in each frame to the MDCT coding. The
discrete spectrum S(k) is divided into sub-bands, then a spec-
tral envelope, corresponding to the rm.s (for “root mean
square”, that is to say the root mean square of the energy) per
sub-band, is quantized in the logarithmic domain in steps of 3
dB and coded by entropic coding. The bit budget used by this
envelope coding is marked here B, ; it is variable because of
the entropic coding.

Unlike the “TDAC” coding of the G.729.1 standard, a
predetermined number of bits marked B,,; (a function of the
budget B, ,) is reserved for the coding of noise injection levels
in order to “fill” the coefficients coded at a zero value by noise
and mask the artifacts of “musical noise” which would oth-
erwise be audible. Then, the sub-bands of the spectrum S(k)
are coded by spherical vectorial quantization with the remain-
ing budget of B,,-B,,,-B,,, bits. This quantization is not
given in detail, just like the adaptive allocation of the bits per
sub-band, because these details extend beyond the context of
the invention. In the event of selection of the MDCT mode or
of the transition mode, the block 221 delivers the MDCT
indices coded 1, ;- to be multiplexed in the bit stream.

The block 222 decodes the bit stream produced by the
block 221 in order to reconstruct the decoded spectrum S(k),
k=0, ..., 255. Finally, the block 223 reconstructs the current
frame in order to find the signal §,,,~-(n), n=0, . . ., 255.

Because of the nature of the MDCT transform coding
(overlap between the frames), two situations are to be envi-
sioned in the MDCT coding of a current frame:

First case: The preceding frame has been coded by an
MDCT mode. In this case, the memory (or states) necessary
to the MDCT synthesis in the local (and remote) decoder is
available and the addition/overlap operation used by the
MDCT to cancel out the time-domain aliasing is possible.
The MDCT frame is correctly decoded over the whole frame.
This involves the “normal” operation of MDCT coding/de-
coding.

Second case: The preceding frame has been coded by a
CELP mode. In this case, the reconstruction of the frame at
the (local and remote) decoder is not complete. As explained
above, the MDCT uses for the reconstruction an addition/
overlap operation between the current frame and the preced-
ing frame (with states stored in memory) in order to remove
the time-domain aliasing of the frame to be decoded and also
prevent the effects of blocks and increase the frequency reso-
Iution by the use of windows longer than a frame. With the
MDCT windows most widely used (the sinusoidal type), the
distortion of the signal due to the time-domain aliasing is
greater at the end of the window and virtually zero in the
middle of the window. In this precise case, if the preceding
frame is of CELP type, the MDCT memory is not available
because the last frame has not been MDCT-transform-coded.
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The aliased zone at the beginning of the frame corresponds
to the zone of the signal in the MDCT frame which is dis-
rupted by the time-domain aliasing inherent in the MDCT
transformation.

Thus, when the current frame is coded by the MDCT mode
(blocks 220 to 223) and the preceding frame has been coded
by the CELP mode (blocks 210 to 212), a specific treatment of
transition from CELP to MDCT is necessary.

In this case, as indicated in FIG. 4a, the first frame is coded
by the CELP mode and can be wholly reconstructed by the
(local or remote) CELP decoder. On the other hand, the sec-
ond frame is coded by the MDCT mode; it is considered that
this second frame is the current frame. The overlap zone to the
left of the MDCT window poses a problem because the
complementary part (with time-domain aliasing) of this win-
dow is not available since the preceding frame has not been
coded by MDCT. The aliasing in this left part of the MDCT
window can therefore not be removed.

For this transition, the coding method according to the
invention comprises a step of coding a block of samples that
is shorter or equal in length to the length of the frame, chosen
for example as an additional subframe of 5 ms, in the current
transform-coded (MDCT) frame, representing the aliasing
zone to the left of the current frame, by a predictive transition
encoder or restricted predictive coding. It should be noted that
the type of coding in the frame preceding the MDCT transi-
tion frame could be a type of coding other than CELP coding,
for example MICDA coding or TCX coding. The invention
applies in the general case in which the preceding frame has
been coded by coding not updating the MDCT memories in
the domain of the signal and the invention involves coding a
block of samples corresponding to a part of the current frame
by transition coding using the coding information of the pre-
ceding frame.

The predictive transition coding is restricted relative to the
predictive coding of the preceding frame; it involves using the
stable parameters of the preceding frame coded by predictive
coding and coding only a few minimal parameters for the
additional subframe in the current transition frame.

Thus, this restricted predictive coding reuses at least one
parameter of the predictive coding of the preceding frame and
therefore codes only the unreused parameters. In this sense, it
is possible to call it restricted coding (by the restriction of the
coded parameters).

The embodiments illustrated in FIGS. 4a to 4e assume that
the overlap to the left of the first MDCT window is less than
or equal to the length of the subframe (5 ms). In the contrary
case, one or more additional CELP subframe(s) must also be
coded, adaptive excitation dictionaries and/or fixed ones of a
size adapted to the length of overlap must be used.

In FIGS. 4a to 4e, the mixed line (lines with alternating
dots and dashes) correspond to the MDCT coding aliasing
lines and to the MDCT decoding anti-aliasing lines. At the top
of these figures, the bold lines separate the frames at the
entrance of the encoder; it is possible to begin the encoding of
anew frame when a frame thus defined is fully available. It is
important to note that these bold lines at the encoder do not
correspond to the current frame but to the block of new
samples arriving for each frame; the current frame is in fact
delayed by 5 ms. At the bottom, the bold lines separate the
decoded frames at the output of the decoder.

The specific processing of the transition frame corresponds
to the blocks 230 to 232 and to the block 240 of FIG. 2. This
processing is carried out when the preceding mode, marked
mode,,., that is to say the type of coding of the preceding
frame (CELP or MDCT), is of CELP type.
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The coding of the current transition frame between CELP
and MDCT coding (the second frame in FIGS. 4a to 4e) is
based on several steps implemented by the block 231:

MDCT coding of the frame: in the exemplary embodiment
illustrated at the top of FIG. 4a, the window chosen for this
coding is the window w(n) defined above, with an effective
length of 25 ms. Other forms of windows to replace w(n) in
the MDCT transition frame (the first MDCT frame following
a CELP frame) are illustrated in FIGS. 45, 4¢, 4d and 4e with
one and the same effective length which may be different
from 25 ms. For the case of FIG. 4a, the 20 ms of the current
frame are placed at the beginning of the nonzero portion of the
window, while the remaining 5 ms are the first 5 milliseconds
of the lookahead frame. After the calculation of the MDCT
(by aliasing and discrete cosine transform (DCT)), the 256
samples of the MDCT spectrum are therefore obtained. The
quantization of these coefficients is in this instance carried out
by transmission of the spectral envelope and spherical vecto-
rial quantization for each standardized sub-band of the enve-
lope. The difference from the preceding description of the
“normal” MDCT coding is that the budget allocated to the
vectorial quantization in the transition frame is no longer
Btot_Benv_Binj but Btot_Benv_Binj_Btrans5 Btrans representing
the number ot bits necessary for the transmission of the miss-
ing information to generate the input excitation of the filter
1/A(z) in the transition encoder. This number of bits, B,,,,,,, is
variable as a function of the total bit rate of the encoder.

Decoding of the quantized spectrum (at the bottom in

FIGS. 4a to 4e): after reconstruction of the quantized
spectrum and the partial inverse MDCT transformation
operation (by anti-aliasing and multiplication by the
synthesis window but without addition-overlap because
the MDCT memories are not available from the preced-
ing frame), the time-domain signal is obtained in which
the first 5 milliseconds (the first subframe) contain the
time-domain aliasing, then 15 ms of the reconstructed
signal, the last 5 milliseconds finally serving to feed the
MDCT memory necessary for the reconstruction of the
next frame, if the latter is of the MDCT type; if the next
frame is of the CELP type, this memory is usually of no
use.

Coding of the first subframe (the grayed zone marked “TR”
in FIGS. 4a to 4e) by transition coding comprising restricted
predictive coding.

This restricted predictive coding comprises the following
steps.

The filter A(z) of the first subframe is for example obtained
by copying the filter A(z) of the fourth subframe of the pre-
ceding frame. This saves having to calculate this filter and
saves the number of bits associated with its coding in the bit
stream.

This choice is justified because, in a codec alternating
between CELP and MDCT, the MDCT mode is usually
selected in the virtually stationary segments in which the
coding in the frequency domain is more efficient than in the
time domain. At the moment of switching between the
ACELP and MDCT modes, this stationarity is normally
already established; it is possible to assume that certain
parameters such as the spectral envelope change very little
from frame to frame. Thus the quantized synthesis filter
1/A(z) transmitted during the preceding frame, representing
the spectral envelope of the signal, can be reused effectively.

The pitch (making it possible to reconstruct the adaptive
excitation by use of the lookback excitation) is calculated in
closed loop for this first transition subframe. The latter is
coded in the bit stream, optionally in a differential manner
relative to the pitch of the last CELP subframe. The adaptive
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excitation v(n) (n=0, . . ., 63) is deduced therefrom. In a
variant, the pitch value of the last CELP frame may also be
reused without transmitting it.

One bit is allocated to indicate whether the adaptive exci-
tation v(n) has or has not been filtered by a low-pass filter of
coefficients (0.18, 0.64, 0.18). However, the value of this bit
could be taken from the last preceding CELP frame.

The search for the algebraic excitation of the subframe is
carried out in closed loop only for this transition subframe and
the coding of the positions and signs of the excitation pulses
are coded in the bit stream, here again with a number of bits
that depends on the bit rate of the encoder.

The gains §,,&_ respectively associated with the adaptive
and algebraic excitation are coded in the bit stream. The
number of bits allocated to this coding depends on the bit rate
of the encoder.

As an example, for a total bit rate of 12.65 kbit/s, 9 bits are
reserved for the absolute coding of the pitch of the subframe,
6 bits are reserved for the coding of the gain, 52 bits are
reserved for the coding of the fixed excitation, and 1 bit
indicates whether the adaptive excitation has been filtered or
not. Therefore B, =68 bits (3.4 kbit/s) is reserved for the
coding of this transition subframe; so there remain 9.25 kbit/s
for the MDCT coding in the transition frame.

Once all the parameters have been obtained and coded, it is
possible to generate the missing subframe by excitation of the
filter 1/A(z) with the excitation obtained. The block 231 also
supplies the parameters of the restricted predictive coding,
17x, to be multiplexed in the bit stream. It is important to note
that the block 231 uses information, marked Mem. in the
figure, of the coding (block 211) carried out in the frame
preceding the transition frame. For example, the information
includes the LPC and pitch parameters of the last subframe.

The signal obtained is then deaccentuated (block 232) by
the filter 1/(1-ciz™!) in order to obtain the reconstructed sig-
nal §,4x(n), n=0, . . ., 63 in the first subframe of the current
CELP to MDCT transition frame.

Finally, the remaining task is to combine the reconstructed
signals §;5(n), n=0, ..., 63 and §,,,,-{(n),n=0, . . ., 255. For
this, a linear progressive mixing (cross-fading) between the
two signals is carried out and gives the following output
signal (block 240). For example, in a first embodiment, this
cross-fade is carried out on the first 5 ms in the following
manner as illustrated in FIG. 4a:

n n
1= =3m¢®)+ =3upcr(m)] n=0,...,63
Supcr(n) = ( 64 64 )
Supcr(n) n==64,..,255

It should be noted that the cross-fade between the two
signals is in this instance 5 ms, but it may be smaller. On the
assumption that the CELP encoder and the MDCT encoder
have perfect or virtually perfect reconstruction, it is even
possible to dispense with cross-fade; specifically the first 5
milliseconds of the frame are perfectly coded (by restricted
CELP), and the subsequent 15 ms are also perfectly coded (by
the MDCT encoder). The attenuation of the artifacts by the
cross-fade is theoretically no longer necessary. In this case,
the signal §,,,-7(n) is written more simply:

Sapcrm)=Sr(n) n=0, ..., 63
Supcrm) n=064,...,255

In the variant of FIG. 44, the window is replaced by a
window identical to the analysis and to the synthesis with a
rectangular shape with no aliasing to the left
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, 31
, 255

n=0,...

o
W(")_{1 n=32, ...

No specification is made here for n<0 and n>255. For n<0
the value of w(n) is zero and for n>255 the windows are
determined by the MDCT analysis and synthesis windows
used for “normal” MDCT coding.

The cross-fade in FIG. 44 is carried out in the following
manner:

Srr(n) n=0,..,31
. n—32\_ n-32_
Supcr(n) = (1 ) ]STR(”) + e Supcrn) n=32,... ,63
Supcr(n) n=64,..,255

In the variant of FIG. 4c¢, the window is replaced by a
window identical to the analysis and to the synthesis with a
form including a first part of zero value over 1.25 ms, then a
sinusoidal rising edge over 2.5 ms, and a flat of unitary value
over 1.25 ms:

0 n=0 , 15

. (n—15.5
win) = Sln( 7 n] n=16 47
1 n =48, ,255

No specification is made here for n<0 and n>255. For n<0
the value of w(n) is zero and for n>255 the windows are
determined by the MDCT analysis and synthesis windows
used for “normal” MDCT coding.

The cross-fade in FIG. 4c¢ is carried out in the following
manner:

Str(n) n=0,..,37
. n—48Y\_ n—48 _
Supcr(n) = (1 - ]STR(”) + Supcr(n) n=448, ... ,63
16 16
Supcr(n) n=64,..,255

which shows that the zone in which the cross-fade is carried
out is exempt from time-domain aliasing.

In the variant of FIGS. 4d and 4e, it is assumed that the
analysis and synthesis MDCT weighting window in the cur-

rent transition frame (n=0, . . ., 255) is given by:
0 n=0,..,31
] (n-3L5 » "
win) = sm( A ﬂ) n=232, >
1 n =064, , 255

Note here that no specification is made for n<0 and n>255.
For n<0 the value of w(n) is zero and for n>255 the windows
are determined by the MDCT analysis and synthesis windows
used for “normal” MDCT coding.

The cross-fade is carried out in the following manner, assum-
ing that:
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Str(n) n=0,..,31
Supcr(n) = COSZ(n — R]ETR(VL) +3upcr(n) n=32,...,63
Smpcr(n) n=64,... ,255

Note that the cross-fade of FIGS. 45 to 4d could be used in
the configuration of FIG. 4a also. The advantage of proceed-
ing in this way is that the cross-fade is carried out on the
MDCT decoded part where the error due to the aliasing is the
least significant. The structure represented in FIG. 4a comes
closer to the perfect reconstruction.

It is considered in the exemplary embodiment that the
encoder operates with a mode decision in closed loop.

Based on the original signal at 12.8 kHz, s(n), n=0, . . .,

255, and signals reconstructed by each of the two modes,
CELP and MDCT, §; »(n) and §, /5 ~,(1n), n=0, . . ., 255, the
mode decision for the current frame is taken (block 254) by
calculating (blocks 250, 252) the coding errors s(n)-8 oz, »(10)
and s(n)-8,,,,(1n), then by applying by subframes of 64
samples (5 ms) a perceptual weighting by the filter W(z)=A
(z)(1-0z7) where y=0.92 of which the coefficients are
drawn from the states of the CELP coding (block 211), and
finally by calculating a signal-to-noise ratio criterion by seg-
mental (with 5 ms of time-domain unity). The operation of the
decision in closed loop (block 254) is not described in further
detail. The decision of the block 554 is coded (I ;) and
multiplexed in the bit stream.
The multiplexer 260 combines the decision coded I, and
the various bits coming from the coding modules in the bit
stream bst as a function of the decision of the module 254. For
a CELP frame, the bits I, are sent, for a purely MDCT
frame the bits 1, are sent and for a CELP-to-MDCT
transition frame the bits 1, and 1, are sent.

It should be noted that the mode decision could also be
performed in open loop or specified in a manner external to
the encoder, without changing the nature of the invention.

The decoder according to one embodiment of the invention
is illustrated in FIG. 5. The demultiplexer (block 511)
receives the bit stream bst and first extracts the mode index
Isz;- This index controls the operation of the decoding mod-
ules and the switch 509. If the index I, indicates a CELP
frame, the CELP decoder 501 is enabled and decodes the
CELPindices [ ~; ». The signal § - ; (n) reconstructed by the
CELP decoder 501 by reconstruction of the excitation
u(n)=g,v(n)+¢c(n), optionally post-processing of u(n), and
filtering the quantized synthesis filter 1/A(z) is deaccentuated
by the filter having the transfer-function 1/(1-az™') (block
502) in order to obtain the CELP decoded signal §.z; z(nn).
The switch 509 chooses this signal §.z; 5(n) as the output
signal at 12.8 kHz §(n)=8 -, »(n). If the index I, indicates a
“purely” MDCT frame or a transition frame, the MDCT
decoder 503 is enabled; the latter decodes the MDCT indices
1 ncr Based on the indices 1, ;- transmitted, the block 503
reconstructs the decoded spectrum é(k), k=0, ...,255, then
the block 504 reconstructs the current frame to find the signal
Sy mer(n), n=0, . .., 255. In a transition frame, the indices [
are also decoded by the module 505. It is important to note
that the block 505 uses information, marked Mem. in the
figure, of the decoding (block 501) carried out in the frame
preceding the transition frame. For example, the information
includes the LPC and pitch parameters of the last subframe.

Thus, the decoder reuses at least one parameter of predic-
tive decoding of the preceding frame to decode a first part of
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the transition frame. It also uses only the parameters received
for this first part which correspond to the unreused param-
eters.

The output of the block 505 is deaccentuated by the filter
having the transfer-function 1/(1aaz™) (block 506) to obtain
the signal reconstructed by the restricted predictive coding
§ 7z(n). This processing (block 505 to 507) is carried out when
the preceding mode, marked mode,,,.., that is to say the type of
decoding of the preceding frame (CELP or MDCT), is of the
CELP type.

In a transition frame, the signals §,4(n) and §,,,{n) are
combined by the block 507; typically a cross-fade operation,
as described above for the encoder using the invention, is
carried out in the first part of the frame to obtain the signal
Sammer(n). In the case of a “purely” MDCT frame, that is to
say if the current and preceding frames are coded by MDCT,
Sammer(0)=Smmer(n). The switch 509 chooses this signal
Sammer(n) as the output signal at 12.8 kHz §(n)=S8,,p7n0).
Then the reconstructed signal x(n) at 16 kHz is obtained by
oversampling from 12.8 kHz to 16 kHz (block 510). It is
considered that this change of rate is carried out with the aid
of a finite impulse response filter in polyphase (of order 60).

Thus, according to the coding method of the invention, the
samples corresponding to the first subframe of the current
frame coded by transform coding are coded by a restricted
predictive encoder to the detriment of the bits available to the
transform coding (the case of constant bit rate) or by increas-
ing the transmitted bit rate (the case of variable bit rate).

In an embodiment of the invention that is illustrated in FIG.
4a, the aliased zone is used only to carry out a cross-fade
which provides a soft transition with no discontinuity
between the CELP reconstruction and the MDCT reconstruc-
tion.

Note that, in a variant, this cross-fade may be carried out on
the second part of the aliased zone where the effect of aliasing
is less significant. In this variant illustrated in FIG. 4a by
increasing the bit rate, there is no convergence on the perfect
reconstruction because a part of the signal used for the cross-
fade is disrupted by the time-domain aliasing.

This variant cannot be transparent even though this low bit
rate disruption is completely acceptable and generally virtu-
ally inaudible relative to the intrinsic degradation of the low
bit rate coding.

In another variant, in the MDCT frame immediately fol-
lowing a CELP frame (a transition frame) (the case illustrated
in FIG. 4b), itis possible to use an MDCT transformation with
no aliasing to the left, with a rectangular window beginning in
the middle of the subframe on the aliasing line.

In the framed and grayed part of the figure can be seen the
change in the weights of the CELP and MDCT components in
the cross-fade. During the first 2.5 ms of the transition frame,
the output is identical to the decoded signal of the restricted
predictive coding, then the transition is made during the sub-
sequent second 2.5 ms by progressively reducing the weight
of the CELP component and increasing the weight of the
MDCT component as a function of the exact definition of the
MDCT window. The transition is therefore made by using the
decoded MDCT signal with no aliasing. Thus it is possible to
obtain transparent coding by increasing the bit rate. However,
the rectangular windowing may cause block effects in the
presence of MDCT coding noise.

FIG. 4c illustrates another variant in which the rising part
of'the window (with time-domain aliasing) to the left is short-
ened (for example to 2.5 ms) and therefore the first 5 milli-
seconds of the signal reconstructed by the MDCT mode con-
tain a part (1.25 ms) with no aliasing to the right in this first
subframe of 5 ms. Thus the “flat” (that is to say the constant
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value at 1 with no aliasing) of the MDCT window is extended
to the left in the subframe coded by the restricted predictive
coding in comparison with the configuration of FIG. 4a.

Again, in the framed and grayed part of FIG. 4c¢, it is
possible to see the change in the weights of the CELP and
MDCT components in the cross-fade for this variant. Accord-
ing to the example given, during the first 3.75 milliseconds,
the output is identical to the signal reconstructed by the
restricted predictive decoding. For this zone, the MDCT com-
ponent must not be decoded, because it is not used. Conse-
quently, the shape of the weighting window is of no impor-
tance for this zone. The transition is made during the last 1.25
ms by progressively reducing the weight of the CELP com-
ponent and increasing the weight of the MDCT component.
By proceeding in this way, the perfect reconstruction at high
bit rate—hence in the absence of quantization error—is
ensured because the zone disrupted by the aliasing does not
occur in the cross-fade. The cross-fade of these reconstructed
signals is carried out on the part of the window in which the
reconstructed signal originating from the transform coding of
the first part of the current frame comprises no time-domain
aliasing. The advantage of this variant relative to that illus-
trated in FIG. 45 is the better spectral property of the window
used and the reduction in the block effects, without the rect-
angular part.

It should be noted that the variant of FIG. 45 is an extreme
case of the variant of FIG. 4¢ in which the rising part of the
window (with time-domain aliasing) to the left is shortened to
0. In another variant of the invention, the length of the rising
part of the window (with time-domain aliasing) to the left
depends on the bit rate: for example it is shortened with the
increase in the bit rate. The weights of the cross-fade used in
this case can be adapted to the chosen window.

In FIGS. 4a, 46 and 4c, low-delay MDCT windows have
been shown; the latter comprise a chosen number of succes-
sive weighting coefficients of zero value at the end and at the
beginning of the window. The invention also applies to the
case in which the conventional (sinusoidal) MDCT weighting
windows are used.

The cross-fade has been shown in the examples given
above with linear weights. Evidently other functions of varia-
tion of the weights can also be used such as the rising edge of
a sinusoidal function for example. In general, the weight of
the other component is always chosen so that the total of the
2 weights is always equal to one.

Also note that the weight of the cross-fade of the MDCT
component can be incorporated into the MDCT synthesis
weighting window of the transition frame for all the variants
shown, by multiplying the MDCT synthesis weighting win-
dow by the cross-fade weights, which thus reduces the calcu-
lation complexity.

In this case, the transition between the restricted predictive
coding component and the transform coding component is
made by adding first the predictive coding component multi-
plied by the cross-fade weights and secondly the transform
coding component thus obtained, without additional weight-
ing by the weights. Moreover, in the case of the variant shown
in FIG. 45, the integration of the cross-fade weights can be
carried out in the analysis weighting window. Advanta-
geously it is possible to do this in the variant of FIG. 45
because the cross-fade zone is entirely in the part with no
aliasing of the frame and the original analysis weighting
window had a zero value for the samples preceding the alias-
ing zone.

This approach is also yet more valuable if the weights of
the sinusoidal cross-fade are used because in this way the
spectral properties of the analysis weighting window are sub-
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stantially improved relative to the rectangular window (on the
left side) of FIG. 45 or relative to a triangular window with
linear weights. Yet more advantageously, the same window
can be used as an MDCT analysis and synthesis window
which reduces the storage. This variant is illustrated in FIG.
4d.

It can be seen therein that the rising part of the transition
analysis/synthesis weighting window is in the zone with no
aliasing (after the aliasing line). This rising part is in this
instance defined as a quart of a sinusoidal cycle, such that the
combined effect of the analysis/synthesis windows implicitly
gives cross-fade weights in the form of a square sine. This
rising part serves both for the MDCT windowing and for the
cross-fade. The weights of the cross-fade for the restricted
predictive coding component are complementary to the rising
part of the combined analysis/synthesis weighting windows
such that the total of the two weights always gives 1 in the
zone in which the cross-fade is carried out. For the example of
the MDCT analysis/synthesis windows with a rising part
defined as a quarter of a sinusoidal cycle, the weights of the
cross-fade for the restricted predictive coding component are
therefore in the form of a square cosine (1 minus square sine).
Thus, the weights of the cross-fade are incorporated both into
the analysis and synthesis weighting window of the transition
frame. The variant illustrated in FIG. 44 makes it possible to
achieve the perfect high bit rate reconstruction because the
cross-fade is carried out in a zone with no time-domain alias-
ing.

The invention also applies to the case in which MDCT
windows are asymmetrical and to the case in which the
MDCT analysis and synthesis windows are not identical as in
the ITU-T standard G.718. Such an example is given in FIG.
4e. In this example, the left side of the MDCT transition
window (in bold line in the figure) and the weights of the
cross-fade are identical to those of FIG. 4d. Clearly the win-
dow and the cross-fade corresponding to the other embodi-
ments already explained (for example those of FIGS. 4a to 4¢)
could equally be used in the left part of the transition window.

It can be seen in FIG. 4e, for asymmetrical MDCT win-
dows, that, at the encoder, the right part of the transition
analysis window is identical to the right part of the MDCT
analysis window normally used and that, at the decoder, the
right part of the transition MDCT synthesis window is iden-
tical to the right part of the MDCT synthesis window nor-
mally used. As for the left side of the transition MDCT
weighting window, the left part of one of the MDCT transition
windows already shown in FIGS. 4a to 4d is used (in the
example of FIG. 4e, that of FIG. 44 is used).

The weights of the cross-fade are chosen as a function of
the window used, as explained in the variant embodiments of
the invention described above (for example in FIGS. 4a to
4d).

Generalizing, according to the invention, for the MDCT
component in the transition frame, the left half of the MDCT
analysis weighting window used is chosen such that the right
part of the zone corresponding to this half-window comprises
no time-domain aliasing (for example according to one of the
examples of FIGS. 4a to 4¢) and the left half of the corre-
sponding MDCT synthesis weighting window is chosen such
that, after the combined effect of the analysis and synthesis
windows, this zone with no aliasing has a weight of 1 at least
on the right side (with no attenuation). FIGS. 4a to 4e show
examples of pairs of analysis and synthesis windows which
verify these criteria. According to these examples, the left half
of'the transition MDCT weighting window is identical to the
analysis and the synthesis but this is not necessarily the case
in all the embodiments of the invention. It should be noted
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that, for example, the shape of the synthesis window in the
zone in which the weight of the MDCT component in the
cross-fade is zero is of no importance because these samples
will not be used; it must not even be calculated. On the other
hand, the contribution of the analysis and synthesis windows
in the weights of the cross-fade may also be distributed in an
uneven manner which would give different analysis and syn-
thesis windows in the left half of the transition MDCT
weighting window. As for the right half of the transition
analysis and synthesis windows, they are identical to those of
the MDCT weighting windows normally used in the zones
coded only by transform coding. In order to ensure a perfect
reconstruction in the absence of quantization error (at very
high bit rate), the cross-fade between the signal reconstructed
by the restricted predictive decoder and the signal recon-
structed by the transform decoder must be carried out in a
zone with no time-domain aliasing. The combined effect of
the analysis and synthesis windows can implicitly integrate
the weights of the cross-fade of the component reconstructed
by the transform decoder.

In order to limit the impact on the bit rate allocated to the
MDCT coding, it is of value to use the fewest possible bits for
this restricted predictive coding while ensuring good quality.
In a codec alternating CELP and MDCT, the MDCT mode is
usually selected in the virtually stationary segments where
the coding in the frequency domain is more effective than in
the time domain. However, it is possible to also consider cases
in which the mode decision is taken in open loop or managed
externally to the encoder, with no guarantee that the station-
arity assumption is verified.

At the time of the switch between the ACELP and MDCT
modes, this stationarity is normally already established; it can
be assumed that certain parameters such as the spectral enve-
lope change very little from frame to frame. Thus the quan-
tized synthesis filter 1/A(z) transmitted during the preceding
frame, representing the spectral envelope of the signal, can be
reused in order to save bits for the MDCT coding. The last
synthesis filter transmitted is used in the CELP mode (closest
to the signal to be coded).

The information used to code the signal in the transition
frame is: the pitch (associated with the long-term excitation),
the excitation (or innovation) vector and the gain(s) associ-
ated with the excitation.

In another embodiment of the invention, the decoded value
of the pitch and/or its gain associated with the last subframe
can also be reused because these parameters also change
slowly in the stationary zones. This further reduces the quan-
tity of information to be transmitted during a transition from
CELP to MDCT.

It is also possible, in a variant embodiment, to quantize
these parameters as a differential over a few bits relative to the
parameters decoded in the last subframe of the preceding
CELP frame. In this case, only the correction that represents
the slow change in these parameters is therefore coded.

One of the desired properties of the transition from CELP
to MDCT is that, at high asymptotic bit rate, when the CELP
and MDCT encoders have virtually perfect reconstruction,
the coding carried out in the transition frame (the MDCT
frame following a CELP frame) must itself have virtually
perfect reconstruction. The variants illustrated in FIGS. 45
and 4¢ provide a virtually perfect reconstruction at very high
bit rate.

For the purposes of uniformity of quality, the number of
bits allocated to these parameters of the restricted predictive
coding can be variable and proportional to the total bit rate.

In order to limit the effects of transition from one type of
coding to the other, a progressive transition between the part
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of'the signal coded by the predictive coding and the rest of the
frame that is transform-coded (cross-fade, fade-in for the
transform component, fade-out for the predictive component)
is carried out. In order to achieve transparent quality, this
cross-fade must be carried out on an MDCT decoded signal
with no aliasing.

In addition to the variants of FIGS. 45 and 4¢ in an addi-
tional variant, in order to ensure the possible transparency at
high bit rate, the principle of the MDCT coding is modified
such that no time-domain aliasing to the left is used in the
MDCT window of the transition frame. This variant involves
using a modified version of the DCT transformation in the
heart of the MDCT transformation because the length of the
aliased signal is different, since the time-domain aliasing
(reducing the size of the block) is carried out only to the right.

It should be noted that the invention is described in FIGS.
4a to 44 for the simplified case of MDCT analysis and syn-
thesis windows that are identical in each frame (except for the
transition frame) coded by the MDCT mode. In variants of the
invention, the MDCT window can be asymmetrical as illus-
trated in FIG. 4e. Moreover, the MDCT coding can use a
switching of windows between at least one “long” window of
typically 20-40 ms and a series of short windows of typically
5-10 ms (window switching).

Moreover, other variants are equally defined in the case in
which the selection of CELP/MDCT modes is not optimal
and the assumption of stationarity of the signal in the transi-
tion frame is not verified and the reuse of the parameters of the
last CELP frame (LPC, pitch) can cause audible degrada-
tions. For such cases, the invention provides for the transmis-
sion of at least one bit to indicate a different transition mode
of the method described above in order to keep more CELP
parameters and/or CELP subframes to be coded in the tran-
sition frame from CELP to MDCT. For example, a first bit can
signal whether, in the rest of the bit stream, the LPC filter is
coded or the last version received can be used at the decoder,
and another bit could signal the same thing for the value ofthe
pitch. In the case in which the encoding of a parameter is
considered necessary, this can be done as a differential rela-
tive to the value transmitted in the last frame.

Therefore, in general, in line with the embodiments
described above, the coding method according to the inven-
tion can be illustrated in the form of a flowchart as shown in
FIG. 6a.

For the signal to be coded s(n), in step E601 verification is
made that it is in the case in which the current frame is to be
coded according to transform coding and in which the pre-
ceding frame has been coded according to coding of predic-
tive type. Thus, the current frame is a transition frame
between predictive coding and transform coding.

In step E602, restricted predictive coding is applied to a
first part of the current frame. This predictive coding is
restricted relative to the predictive coding used for the pre-
ceding frame.

After this restricted predictive coding step, the signal §,
(n) is obtained.

The MDCT coding of the current frame is carried out in
step E603, in parallel for all the current frame.

After this transform coding step, the signal §,,,~-(n) is
obtained.

According to the embodiments described for the invention,
the method comprises a step of combining by cross-fade in
step E604, after reconstruction of the signals, making it pos-
sible to carry out a soft transition between the predictive
coding and transform coding in the transition frame. After this
step, a reconstructed signal §, (1) is obtained.
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Similarly, in general, the decoding method according to the
invention is illustrated with reference to FIG. 65.

When, during decoding, a preceding frame has been
decoded according to a decoding method of the predictive
type and when the current frame is to be decoded according to
a decoding method of the transform type (verification in
E605), the decoding method comprises a step of decoding by
restricted predictive decoding of a first part of the current
frame, in E606. It also comprises a step of transform decoding
in E607 of the current frame.

A step E608 is then carried out, according to the embodi-
ments described above, to carry out a combination of the
decoded signals obtained, respectively §,(n) and §, ,~{n),
by cross-fade over all or part of the current frame and thus to
obtain the decoded signal §,,,,~{(n) of the current frame.

Finally, the invention has been presented in the specific
case of a transition from CELP to MDCT. It is evident that this
invention applies equally to the case in which the CELP
coding is replaced by another type of coding, such as
MICDA, TCX, and in which transition coding over a part of
the transition frame is carried out by using the information
from the coding of the frame preceding the transition MDCT
frame.

FIG. 7 describes a hardware device suitable for producing
an encoder or a decoder according to one embodiment of the
present invention.

This device DISP comprises an input for receiving a digital
signal SIG which, in the case of the encoder, is an input signal
x(n") and, in the case of the decoder, the bit stream bst.

The device also comprises a digital-signal processor PROC
suitable for carrying out coding/decoding operations notably
on a signal originating from the input E.

This processor is connected to one or more memory units
MEM suitable for storing information necessary for driving
the device for coding/decoding. For example, these memory
units comprise instructions for the application of the coding
method described above and notably for applying the steps of
coding of a preceding frame of samples of the digital signal
according to predictive coding, and coding of a current frame
of'samples of the digital signal according to transform coding,
such that a first part of the current frame is coded by predictive
coding that is restricted relative to the predictive coding of the
preceding frame, when the device is of the encoder type.

When the device is of the decoder type, these memory units
comprise instructions for the application of the decoding
method described above and notably for applying the steps of
predictive decoding of a preceding frame of samples of the
digital signal received and coded according to predictive cod-
ing, inverse transform decoding of a current frame of samples
of the digital signal received and coded according to trans-
form coding, and also a step of decoding by predictive decod-
ing that is restricted relative to the predictive decoding of the
preceding frame of a first part of the current frame.

These memory units may also comprise calculation param-
eters or other information.

More generally, a storage means that can be read by a
processor, which may or may not be integrated into the
encoder or decoder, optionally removable, stores a computer
program applying a coding method and/or a decoding method
according to the invention. FIGS. 6a and 65 can for example
illustrate the algorithm of such a computer program.

The processor is also suitable for storing results in these
memory units. Finally, the device comprises an output S
connected to the processor in order to provide an output signal
SIG* which, in the case of the encoder, is a signal in the form
of a bit stream bst and, in the case of the decoder, an output
signal x(n).
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The invention claimed is:

1. A method for coding a digital sound signal, said method
being performed by a coding entity comprising a processor
unit, a transform encoder and a predictive encoder, compris-
ing:

coding a preceding frame of samples of the digital signal

according to predictive coding with the predictive
encoder;

coding a current frame of samples of the digital signal

according to transform coding with the transform
encoder; and

coding a first part of the current frame with the predictive

encoder by predictive coding that is restricted relative to
the predictive coding of the preceding frame by reusing
at least one parameter of the predictive coding of the
preceding frame and by coding only the unreused
parameters of this first part of the current frame.

2. The method as claimed in claim 1, wherein the restricted
predictive coding uses a prediction filter copied from the
preceding frame of predictive coding.

3. The method as claimed in claim 2, wherein the restricted
predictive coding also uses a decoded value of pitch and/or of
associated gain of the preceding frame of predictive coding.

4. The method as claimed in claim 1, wherein certain
parameters of predictive coding used for the restricted pre-
dictive coding are quantized in differential mode relative to
decoded parameters of the preceding frame of predictive cod-
ing.

5. The method as claimed in claim 1, wherein the method
comprises a step of obtaining reconstructed signals originat-
ing from the predictive and transform local codings and
decodings of the first part of the current frame and combining
by a cross-fade of these reconstructed signals.

6. The method as claimed in claim 5, wherein said cross-
fade of the reconstructed signals is carried out on a portion of
the first part of the current frame as a function of the shape of
the window of the transform coding.

7. The method as claimed in claim 5, wherein said cross-
fade of the reconstructed signals is carried out on a portion of
the first part of the current frame, said portion containing no
time-domain aliasing.

8. The method as claimed in claim 1, wherein the transform
coding uses a weighting window comprising a chosen num-
ber of successive weighting coefficients of zero value at the
end and beginning of the window.

9. The method as claimed in claim 1, wherein the transform
coding uses an asymmetric weighting window comprising a
chosen number of successive weighting coefficients of zero
value at least one end of the window.

10. A method for decoding a digital sound signal, said
method being performed by a decoding entity comprising a
processor unit, a transform decoder and a predictive decoder
comprising:

predictive decoding a preceding frame of samples of the

digital signal received and coded according to predictive
coding with the predictive decoder;

inverse transform decoding a current frame of samples of

the digital signal received and coded according to trans-
form coding with the transform decoder; and

decoding with the predictive decoder by restricted predic-

tive decoding relative to the predictive decoding of the
preceding frame of a first part of the current frame
received and coded according to restricted predictive
coding, by reusing at least one parameter of the predic-
tive decoding of the preceding frame and by decoding
only the parameters received for this first part of the
current frame.
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11. The method as claimed in claim 10, wherein the method
comprises a step of combining by a cross-fade of the signals
decoded by inverse transform and by restricted predictive
decoding for at least one portion of the first part of the current
frame.

12. The method as claimed in claim 10, wherein the
restricted predictive decoding uses a prediction filter decoded
and used by the predictive decoding of the preceding frame.

13. The method as claimed in claim 12, wherein the
restricted predictive decoding also uses a decoded value of
pitch and/or of associated gain of the predictive decoding of
the preceding frame.

14. A digital sound signal encoder, comprising:

a predictive encoder configured to code a preceding frame

of samples of the digital signal;

a transform encoder configured to code a current frame of
samples of the digital signal; and

apredictive encoder that is restricted relative to the predic-
tive coding of the preceding frame in order to code a first
part of the current frame, by reusing at least one param-
eter of the predictive coding of the preceding frame and
by coding only the unreused parameters of this first part
of the current frame.

15. A digital sound signal decoder, comprising:

a predictive decoder configured to decode a preceding
frame of samples of the digital signal received and coded
according to predictive coding;

an inverse transform decoder configured to decode a cur-
rent frame of samples of the digital signal received and
coded according to transform coding; and
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a predictive decoder that is restricted relative to the predic-
tive decoding of the preceding frame in order to decode
a first part of the current frame received and coded
according to restricted predictive coding, by reusing at
least one parameter of the predictive decoding of the
preceding frame and by decoding only the parameters
received for this first part of the current frame.

16. A hardware storage medium comprising a computer
program stored thereon and comprising code instructions for
implementing steps of a method of coding or decoding a
digital sound signal when these instructions are executed by a
processor, the method comprising:

coding or decoding a preceding frame of samples of the
digital signal according to predictive coding with the
processor;

transform coding or inverse transform decoding a current
frame of samples of the digital signal with the processor;
and

coding or decoding a first part of the current frame with the
processor by predictive coding or predictive decoding,
respectively, which is restricted relative to the predictive
coding of the preceding frame by reusing at least one
parameter of the predictive coding or the predictive
decoding, respectively, of the preceding frame and by
coding or decoding, respectively, only the unreused
parameters of this first part of the current frame.

#* #* #* #* #*
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